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I  ABSTRACT:  Many  signal  processing  operations,  suih  as  matched 

I  filtering,  call  for  filters  having  speolflc  characteristics. 

I  These  characteristics  may  be  specified  In  terms  of  the  Impulse 

response  of  the  filter.  The  present  device  simulates  such 
i  filters  by  means  of  high-speed  digital  computation  of  the 

I  *  convolution  Integral  once  the  desired  Impulse  response  Is  set 

Into  the  selector  switches.  The  circuitry,  overall  characteristics 
and  several  applications  of  the  equipment  are  described. 
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September  27,  1962 


This  report  describes  a  new  approach  to  the  design  of  generalized 
filters.  The  filter  is  adjusted  by  changing  the  settings  of 
Impulse  response  switches  and,  in  the  case  of  a  matched  filter. 

It  has  a  frequency  response  equal  to  the  amplitude  spectrum  of 
the  waveform  to  be  filtered.  The  work  on  DIPAIR  was  performed 
under  "PUFFS  Technical  Direction",  Task  No.  RUSD-4C 000-150. 

The  report  will  be  of  Interest  to  electronic  engineers  and 
scientists  designing  or  using  matched  filters  or  generalized 
filters . 


R.  E.  ODENING 

Z.  I.  SLAWSKY 
By  direction 
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DIFAIR,  AN  ADJUSTABLE  DIGITAL  FILTER 


INTRODUCTION 


1.  Often  a  signal  filter  Is  desired  which  can  have  a  very 
general  response  characteristic,  with  a  convenient  way  of 
adjusting  this  response.  This  may  be  used  for  studying  the 
effect  of  various  filters  on  a  known  signal,  or  It  may  be  used 
In  signal  processing  problems  as  a  "matched  filter"  for 
detecting  a  pulse  of  known  characteristics.  In  the  latter 
problem,  particularly,  the  desired  filter  characteristic  Is 
more  easily  found  In  the  time  domain;  and  so  It  becomes  desir¬ 
able  to  specify  the  filter  In  terms  of  Its  Impulse  response 
rather  than  Its  equivalent  frequency  response. 


GENERAL  DIFAIR  CONCEPT 

2.  An  adjustable  filter  such  as  that  shown  in  Figure  1  can  be 
conceived  for  realizing  general  impulse  responses  which  vanish 
(at  least  approximately)  after  a  finite  time.  Since  the 
signal  at  the  time  t  on  a  given  tap  n  of  the  delay  line  Is 
f(t-nT),  the  output  of  the  system  may  be  written 

N-l 

g(t)  -  L  h(nT)  f(t-nT) 
n-0 

This  Is  the  discrete  analogue  of  the  convolution  Integral 
giving  the  output  g(t)  of  a  filter  with  Impulse  response 
h(t)  and  Input  f ( t 1 s 


g(t)  - J  o  h(u)  f(t-u)  du 

Thus  the  settings  of  the  coefficient  potent lonmeters  h(nT) 
correspond  to  the  value  of  the  Impulse  response  h(u)  at 
discrete  points. 

3.  Practical  considerations  and  Increased  range  of  operation 
make  It  desirable  to  use  something  other  than  a  passive  delay 
line  for  delaying  the  signal  to  the  coefficient  pots.  A 
digital  shift  register  Is  a  reasonable  choice  since  the  delay 
per  tap,  T,  is  readily  variable  with  shift  pulse  frequency. 
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However,  the  choice  of  the  shift  register  necessitates  convert¬ 
ing  the  Input  analog  signal  Into  a  digital  code  for  transmission 
down  the  digital  delay  line,  Since  the  signal  Into  the 
coefficient  pot  is  now  digital  rather  than  analog.  It  seems 
reasonable  that  the  coefficient  h(nT)  should  also  be  specified 
In  a  digital  form.  This  choice  is  also  made  to  allow  expansion 
to  a  more  general  system  In  which  the  coefficients  are  determined 
by  performance  feedback  from  the  filter  output ,  and  thus  are 
computed  by  the  filter.  Now  the  coefficient  pots  are  replaced 
by  digital  multipliers;  and  the  outputs  of  the  multipliers  may 
be  converted  back  to  analog  form  and  added  to  produce  the  filter 
output.  The  resultant  system  Is  shown  In  Figure  2. 

4.  The  digital  multiplier  is  the  most  complex  single  part  of 
the  system,  so  we  wish  to  reduce  the  number  of  multipliers  In 
the  system  by  time-sharing  a  single  multiplier  among  all  the 
output  taps.  This  may  be  done  by  using  a  system  similar  to 

the  DELTICSl  for  time  compression  of  the  Input  signal.  Consider 
a  system  of  the  form  shown  In  Figure  3.  The  shift  registers 
contain  N-l  stages,  and  the  sample  pulses  occur  every  N  shift 
pulses.  At  the  Instant  a  sample  pulse  occurs  (immediately 
before  snlftlng)  the  A-D  converter  contains  the  present  value 
of  the  Input  and  the  shift  registers  contain  the  last  N-l 
samples  of  the  Input  In  increasing  order  of  age.  When  the 
shift  pulse  occurs ,  the  oldest  sample  In  the  shift  registers 
is  discarded  and  the  new  value  of  the  Input  is  Inserted  In  Its 
place.  The  sample  pulse  Is  then  returned  to  zero,  and  the  next 
N-l  shift  pulses  simply  rotate  the  information  stored  In  the  shift 
registers.  At  the  end  of  N  cycles  the  Information  in  the  shift 
registers  Is  again  In  the  order  of  Increasing  age  and  another 
new  sample  can  be  Inserted  to  replace  the  oldest  one.  During 
this  Interval,  every  one  of  the  last  N  samples  has  been  shifted 
past  the  output  of  the  DELTIC  loop  In  order  from  the  oldest  to 
the  newest  (that  is,  In  decreasing  order  of  n).  The  DELTIC 
has  simultaneously  up-dated  Its  information  so  that  the  samples 
appearing  at  the  output  will  always  be  the  most  recent  N 
samples.  It  is  evident  that  the  shift  pulses  must  occur  at 
N  times  the  rate  of  the  sample  pulses  and  that  the  interval 
between  sample  pulses  In  T. 

5.  During  the  interval  between  sample  pulses  an  N-word 
digital  memory  representing  the  Impulse  response  may  be  read 
from  the  Impulse  response  generator.  If  this  is  read  In 
decreasing  order  of  n  and  fed  to  the  multiplier  along  with  the 


TT  NAVOftl)  Report  4244,  "Delay  Line  Time  Compressor  XT-lA" , 
J.  C.  Munson  and  L.  E.  Barton,  6  Sept.  1956. 
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output  of  the  DELTIC  loops,  the  Instantaneous  product  h(nT) 
f(t-nT)  will  be  formed.  Summing  the  outputs  of  the  multiplier 
over  the  Interval  between  sample  periods  gives  the  desired 
output 

N-l 

g(t)  -  £  h(nT)  f(t-nT) 
b-0 

The  summing  operation  may  be  accomplished  by  converting  back  to 
analog  form  and  averaging  with  a  time  constant  of  approximately 
T. 


DIPAIR  CHARACTERISTICS 

6.  The  DIFAIR  block  diagram,  using  the  techniques  described 
above,  Is  shown  In  Figure  4.  The  number  of  delay  points  N  in 
the  Impulse  response  Is  set  at  32,  and  all  digital  quantities 
are  characterized  by  4-blt  binary  numbers.  The  entire  system, 
except  for  one  special  card,  Is  constructed  from  Computer  Control 
Corporation  "S-Pacs"2  and  Is  shown  In  Figure  5.  Detailed 
diagrams  are  shown  In  Figures  6  through  9.  Operating  controls 
consist  of  an  Input  gain  control,  coarse  and  fine  clock  frequency 
controls,  and  a  bank  of  thirty-two  15-posltlon  switches  for 
setting  In  the  Impulse  response.  Input  to  the  system  should  be  at 
least  1  volt  rms,  and  the  DC  gain  of  the  system  may  be  figured 
approximately  as 

Gain  (dc)  „  Sum  of  Impulse  response  switch  settings 


The  frequency  range  of  the  filter  Is  determined  by  the  sample 
pulse  frequency,  which  can  be  varied  from  1.25  cps  to  23 
kilocycles  according  to  the  frequency  selector  switch  setting 
as  shown  In  Table  1.  Actual  frequencies  may  vary  somewhat  from 
those  shown,  since  the  clock  Is  a  multivibrator.  Continuously 
variable  frequencies  are  available  by  means  of  a  potentiometer 
on  the  multivibrator  card.  The  amplitude  of  each  of  32  equally 
spaced  points  Is  set  to  any  of  15  values  between  plus  and  minus 
7  units  by  means  of  the  switches  on  the  Impulse  response  selector 
panel.  The  upper  left  switch  controls  h(32T),  and  the  delay 
taps  are  arranged  In  decreasing  order  across  the  four  rows. 


2~.  Pub.  too.  71-100A,  "Instruction  Manual  for  S-PAC  Digital 
Modules",  Computer  Control  Co.,  Inc.,  Framingham,  Mass., 

11  Apr.  1962. 
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reaching  h(T)  In  the  lower  right  comer. 

7.  Since  DIPAIR  operates  on  sampled  data,  some  means  of 
reconstructing  the  sampled  output  into  a  continuous  form  is 
necessary.  It  Is  also  necessary  to  Insure  that  the  frequency 
range  of  the  input  data  is  limited  to  something  less  than  one- 
half  the  sampling  frequency.  It  is  Intended  that  both  these 
operations  be  handled  by  sharp  cutoff  low  pass  filters  on  the 
input  and  output  of  the  DIPAIR  equipment .  These  filters  are 
not  Included  in  DIPAIR  itself  because  of  the  wide  range  of 
sampling  frequencies  available,  and  must  be  provided  by 

the  user.  Filters  such  as  the  SKL  Model  302,  set  at  approxi¬ 
mately  40#  of  the  sampling  frequency,  should  be  satisfactory 
for  most  applications. 

8.  As  in  any  digital  system,  a  certain  amount  of  noise  is 
introduced  by  the  finite  number  of  quantizing  lecels  used.  The 
output  of  the  D-A  converter  is  quantized  into  1.4  volt  steps, 
which  gives  an  rms  output  quantizing  noise  of  1.4//12  or 

0.4  volts  (assuming  rectangular  distribution  of  the  quantizing 
noise).  If  the  clock  frequency  is  C  and  the  quantizing  noise 
is  assumed  Independent  between  samples  the  low-frequency  noise 
power  spectrum  out  of  the  D-A  converter  is  (0.4) 2/C  volts2/cps. 
If  the  output  filter  is  set  to  cut  off  everything  above  half  the 
sampling  frequency  (Nyquist  rate),  the  noise  out  of  the  filter 
will  be  (0.4)2/C  S/2.  But  the  sampling  rate  S  is  C/32,  and  the 
total  noise  out  is  thus  (0.4)2/64  volts^  or  0.05  volts  rms. 
Typically  the  signal  output  will  be  on  the  order  of  1  volt,  so 
that  the  signal -to-quantizing  noise  ratio  at  the  output  will  be 
on  the  order  of  26  db. 


COMPONENTS  OP  DIPAIR  SYSTEM 

9.  The  multiplier  is  the  most  complex  single  part  of  the  DIPAIR 
system.  It  must  produce  a  digital  output  equal  to  the  product 
of  the  4-bit  digital  inputs  from  the  DELTIC  loops  and  from  the 
impulse  response  generator.  Since  a  4-bit  output  resolution 
was  considered  sufficient  from  the  multiplier,  the  problem 
becomes  one  of  specifying  four  functions  of  eight  input 
variables.  However,  if  the  inputs  and  the  output  are  in  the 
form  of  a  sign  bit  and  three  magnitude  bits,  the  magnitude 
output  of  the  multiplier  can  be  specified  by  three  functions  of 
six  variables.  Since  this  is  a  marked  simplification  of  the 
problem,  the  sign-magnitude  method  was  chosen  for  coding  the 
multiplier  input  and  output.  The  largest  possible  input  or 
output  of  the  multiplier  is  a  "7” ,  so  the  scaling  of  the 
multiplier  was  set  such  that 
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Output  ■  (Input  l)  (Input  2)/7. 

Fractional  parts  of  the  scaled  product  were  rounded  to  the 
nearest  Integer,  and  the  multiplier  characteristics  were  thus 
defined  as  In  Table  2.  From  this  table,  the  logical  functions 
defining  the  output  were  found  and  minimized  and  are  shown  in 
Table  2.  A8suming  all  complements  of  the  inputs  to  be  available 
the  high  bit  X  of  the  output  required  12  gates  and  diode 
clusters  for  realization,  the  Y  bit  required  19,  and  the  Z  bit 
required  33;  for  a  total  of  8  cards  of  S-Pac  logic  in  the 
multiplier. 

10.  The  output  digital -to-analog  converter  uses  a  resistor 
summing  network  to  produce  a  voltage  proportional  to  the  digital 
output  of  the  multiplier.  Since  D-A  conversion  is  performed 
more  easily  if  the  negative  numbers  are  stored  in  complementary 
fashion,  it  was  decided  that  such  a  number  system  should  be 
used  here.  Conversion  of  sign -magnitude  codes  into  the  "l's 
complement11  form  is  accomplished  simply  by  complementing  all  the 
magnitude  bits  of  the  number  if  the  sign  is  negative  and  the 
multiplier  output  is  thus  converted  to  l's  complement  form 
before  being  sent  to  the  D-A  converter.  The  D-A  conversion 
itself  is  accomplished  by  resistors  having  conductance  ratios  of 
7:4: 2:1  connected  to  the  sign  and  progressively  less  significant 
magnitude  bits  of  the  l's  complement  number.  A  constant  7  is 
subtracted  from  this  result  to  center  the  output  around  zero 
volts  and  give  a  range  from  plus  7  to  minus  7.  Note  there  are 
two  ways  in  which  a  zero"  output  can  occur;  a  "plus  zero" 
(lOOO),  or  a  "minus  zero"  (0111).  This  is  inherent  in  the 

sign -magnitude ,  and  thus  in  the  l's  complement,  code. 

11.  The  analog -to-digital  converter  which  converts  the  input 
signal  to  digital  form  also  uses  the  l's  complement  code  for  its 
binary  output.  The  converter  uses  a  feedback  principle  in  that 
it  generates  a  proposed  digital  output,  converts  it  back  to 
analog  form  through  a  resistor  summing  matrix,  and  feeds  back 
the  analog  output  for  comparison  with  the  analog  input  signal. 
The  results  of  this  comparison  determine  the  next  digital  output 
to  be  tried  by  the  converter. 

12.  The  first  output  tried  during  a  conversion  operation  is  a 
1000  or  a  plus  zero.  This  is  converted  back  to  an  analog  zero 
and  compared  with  the  input  voltage.  If  the  input  is  greater 
(more  negative)  than  the  fed-back  voltage,  it  is  evident  that 
the  "7"  bit  of  the  output  must  be  left  on.  Otherwise  it  is 
turned  off.  On  the  next  cycle  of  the  conversion  the  "4"  bit 
is  turned  on  so  that  the  state  of  the  converter  output  is 
either  1100  or  0100,  depending  on  the  outcome  of  the  first 
comparison.  Again  the  fed-back  voltage  is  compared  with  the 
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Input  signal  to  determine  whether  the  "4"  bit  should  be  left  on. 
The  same  procedure  Is  then  tried  with  the  "2"  bit,  and  finally 
with  the  "l"  bit.  The  converter  thus  progressively  divides  up 
the  range  of  allowed  Input  voltages  by  assuming  a  value  In  the 
center  of  the  range  of  uncertainty  and  determining  whether  the 
actual  Input  Is  above  or  below  this  value.  The  analog  feedback 
Is  biased  such  that  Input  voltages  between  plus  and  minus  one- 
half  unit  (one  unit  Is  about  0.23  volts)  are  coded  as  plus  zeros 
(1000),  voltages  between  plus  one-half  and  plus  one  and  one-half 
units  are  coded  as  plus  one  (1001),  etc.  Any  voltage  In  excess 
of  plus  6  1/2  units  (approx.  1.5  volts)  Is  coded  as  a  plus  "7" 
(llll),  while  those  below  minus  6  1/2  units  are  coded  as  minus 
"7"  (0000).  An  overflow  Indicator  Is  provided  which  lights 
whenever  a  plus  or  minus  ”7"  occurs  at  the  DELTIC  output.  The 
Input  gain  control  should  be  adjusted  such  that  this  light 
flashes  occasionally,  but  does  not  glow  steadily.  The  converter 
should  not  generate  a  minus  zero  (0111)  when  properly  adjusted. 
Examples  of  the  converter  operation  are  shown  In  Figure  10. 

13.  Since  four  decisions  are  required  for  a  complete  conversion 
and  these  are  done  at  the  clock  rate,  the  sampling  aperture  Is 
4/32  or  one -eighth  of  the  sampling  period.  The  converter  will 
not  necessarily  produce  the  correct  output  If  the  Input  signal 
changes  significantly  during  the  sampling  aperture,  and  Intro¬ 
duces  a  form  of  harmonic  dlstrotlon  to  the  Input  signal.  This 
Is  similar,  but  not  Identical,  to  the  difficulties  Introduced 

In  A-D  converters  employing  sample-and-hold  circuits  when  the 
sampling  aperture  Is  a  significant  part  of  the  sampling  period. 

14.  The  DELTIC  loops  In  DIFAIR  use  shift  register  stages  as  the 
storage  and  delay  elements  so  that  the  effective 

delay  down  the  shift  register  line  may  be  varied  over  a  wide 
range  according  to  the  cloak  frequency.  There  are  four  separate 
loops,  operating  on  the  four  bits  of  the  A-D  converter  output 
In  parallel  fashion.  Since  there  are  32  points  selected  on  the 
Impulse  response,  the  shift  registers  In  the  DELTIC  loops  must 
each  contain  N-l  or  31  stages,  as  discussed  In  paragraph  4. 

The  DELTIC  loops  require  a  total  of  36  S-Pacs,  Including 
sampling  logic  and  shift  register  driving  amplifiers,  or  one- 
half  the  total  number  of  Pacs  In  the  system.  If  the  DIFAIR  system 
were  to  operate  at  a  fixed  frequency,  the  DELTICS  could  be  built 
from  fixed  acoustic  or  magnetostrlctlve  delay  lines  at  con¬ 
siderable  savings  In  space.  The  DELTIC  outputs  represent  a 
time  compressed  replica  of  the  last  32  samples  of  the  Input 
signal,  beginning  with  the  oldest  one  at  the  time  of  the  sample 
pulse  and  ending  with  the  most  recent  sample  during  the  clock 
period  before  the  next  sample  pulse.  The  DELTIC  outputs  are 
still  In  l's  complement  form  since  their  Inputs  come  directly 
from  the  A-D  converter.  Thus  the  outputs  are  passed  through 
conversion  logic  to  form  the  required  sign -magnitude  code 
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before  being  passed  on  to  the  multiplier. 

15.  As  described  In  paragraph  5,  the  Impulse  response 
generator  must  produce  a  time-compressed  Image  of  the  Impulse 
response  and  transmit  this  Image  to  the  multiplier  In  reversed 
order.  h(32T)  being  generated  at  the  time  of  the  sample  pulse 
and  h(T)  Immediately  before  the  next  sample  pulse.  The  values 
of  the  Impulse  response  at  each  of  the  32  points  are  stored  In 
the  bank  of  Impulse  response  selector  switches.  Each  switch 
has  a  single  Input  line  and  four  output  lines  which  represent  the 
four-bit  binary  number  (sign -magnitude  coding)  set  Into  the 
switch.  If  the  switch  Is  set  at  plus  5  (1101),  for  example, 
the  "4",  and  "l"  output  lines  are  connected  to  the  Input 

line.  The  switches  are  sequentially  Interrogated  by  a  32 
stage  shift  register  running  at  the  clock  frequency  and  con¬ 
nected  as  a  ring  counter,  only  one  of  whose  outputs  Is  at  ground 
at  a  time.  Thus  the  selected  output  lines  of  a  given  switch  will 
be  at  ground  at  the  time  the  switch  Is  Interrogated,  while 
all  other  lines  will  be  open  or  at  minus  6  volts.  If  all  the 
"l"  lines  from  the  32  switches  are  fed  to  a  "nand"  gate,  the  "2” 
lines  to  another  gate,  etc.,  the  outputs  of  the  four  gates 
will  sequentially  represent  the  settings  of  the  32  switches; 
with  the  output  pulse  pattern  repeating  every  sampling  period. 
Since  the  sample  pulse  is  to  occur  at  the  same  time  that  h(32T) 
appears  at  the  output  of  the  Impulse  response  generator.  It  Is 
obtained  from  the  output  of  the  ring  counter  that  interrogates 
the  h( 32T )  switch.  The  remaining  switches  are  then  Interrogated 
In  order  of  decreasing  delay.  Although  circuitry  Is  Included 
to  Insure  that  no  more  than  a  single  wl"  circulates  in  the  ring 
counter,  it  Is  possible  that  the  ring  counter  could  be  forced 
Into  a  state  In  which  every  shift  register  contained  a  logical 
zero,  and  would  remain  In  this  state.  The  "Restart"  button  on 
the  main  control  panel  may  be  used  to  Insert  a  "l"  in  the 
ring  counter  to  restore  normal  operation  In  this  event. 


APPLICATIONS  OP  DIPAIR 

16.  The  primary  application  of  DIPAIR  is  In  the  detection  of 
pulse  signals  In  a  noise  background  through  matched  filter 
techniques.  It  can  be  shown  that  the  peak  output  due  to  the 
signal  pulse  divided  by  the  rms  noise  output  (slgnal-to-noise 
ratio)  due  to  a  white  noise  background  can  be  maximized  by 
passing  the  signal  and  noise  through  a  linear  filter  whose 
Impulse  response  h(t)  Is  given  by 

h(t)  =  s(Ti  -  t) 

where  s(t)  Is  the  shape  of  the  signal  pulse  and  T^  is  a  delay 
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required  to  allow  physical  realizability  of  the  filter.  (This 
operation  Is  exactly  equivalent  to  a  continuous  crosscorrelatlon 
of  the  Input  signal  and  noise  with  a  stored  replica  of  the 
signal  waveform.)  Since  for  these  problems  the  required  filter 
characteristics  are  specified  in  terms  of  the  impulse  response, 
the  DIFAIR  equipment  Is  ideally  suited  for  use.  Best  perform¬ 
ance  can  be  obtained  from  DIFAIR  by  adjusting  It  as  follows: 

1)  Select  the  portion  of  the  desired  pulse  waveform  that 
contains  the  majority  of  the  energy.  (Long  tails  of  pulses 
which  contain  only  a  few  percent  of  the  total  pulse  energy  can 
be  eliminated  without  seriously  degrading  the  theoretical 
performance  of  the  matched  filter.  With  the  DIFAIR  equipment, 
using  shortest  possible  slgment  of  the  pulse  gives  the 
highest  sampling  frequency.) 

2)  Locate  the  entry  in  Table  1  which  gives  a  duration  of 
Impulse  response  nearest  the  length  of  the  pulse  segment 
selected  above.  This  establishes  the  sampling  frequency  for 
the  system.  The  Input  and  output  filters  should  be  set  to 
one-half  this  sampling  frequency. 

3)  Divide  the  segment  of  the  pulse  (having  the  duration 
given  In  Table  l)  into  32  equal  segments  and  list  the  ampli¬ 
tudes  of  the  pulse  at  these  32  points. 

4)  Scale  these  amplitudes  so  that  the  largest  amplitude 
Is  equal  to  7  units,  and  round  off  each  number  to  the  nearest 
Integer.  This  new  list  Is  the  list  of  settings  of  the  Impulse 
response  selector  switches. 

5)  Since  the  Impulse  response  Is  the  "mirror  image"  of  the 
pulse  waveform,  the  values  obtained  above  should  be  set  into 
the  switches  starting  in  the  upper  left  corner  and  proceeding 
across  the  rows  to  the  lower  right. 

17.  An  example  of  matched  filtering  Is  shown  In  Figure  11.  The 
pulse  waveform  Is  a  half  sine  wave,  and  Figure  11a  shows  the 
pulse  and  corresponding  output  of  the  filter  with  no  noise 
present.  This  Indicates  the  amount  of  sampling  and  quantizing 
noise  present  In  the  output .  Note  the  output  Is  not  an  exact 
reproduction  of  the  pulse,  but  rather  Is  of  the  form  of  the 
autocorrelation  function  of  the  Input  pulse.  Figures  lib  and  11c 
then  show  the  Input  pulse  In  the  presence  of  noise  and  the 
corresponding  output  of  the  filter.  The  test  setup  for  this 
example  Is  shown  In  Figure  12. 

18.  A  secondary  application  of  DIFAIR  allows  a  direct  measure¬ 
ment  of  the  frequency  spectrum  of  a  pulse  signal.  When  DIFAIR 

Is  adjusted  according  to  the  method  specified  for  matched  filtering. 
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Its  frequency  response  Is  equal  to  the  amplitude  spectrum 
of  the  selected  waveform.  The  spectrum  can  therefore  be 
determined  simply  by  measuring  the  DIPAIR  frequency  response 
with  an  oscillator  and  AC  voltmeter.  Of  course  frequencies 
above  one-half  the  sampling  rate  of  the  system  cannot  be 
considered,  and  some  error  Is  to  be  expected  due  to  quantizing 
noise  and  harmonic  distortion  In  the  sampler.  The  spectrum  of 
the  half-sine  pulse  was  determined  in  this  manner  and  plotted 
In  Figure  13*  In  comparison  with  the  true  spectrum  obtained  by 
fourier  transforming  the  pulse. 

19.  An  additional  application  of  DIPAIR  la  in  the  study  of  the 
effect  of  various  filter  functions  on  signals,  where  the  filters 
may  be  specified  in  the  time  domain.  Typical  of  this  Is  the 
attempt  to  produce  a  low-pass  filter  with  sharp  cutoff,  while 
not  affecting  the  symmetry  of  a  transient  pulse  passed  through 
the  filter.  Figure  14  shows  the  frequency  response  of  such  a 
filter,  whose  impulse  response  was  selected  as  a  truncated 
(sin  x)/x  function.  Notice  the  cutoff  is  very  sharp,  but  that 
fairly  large  lobes  exist  above  the  cutoff  frequency.  These  are 
due  largely  to  the  quantizing  of  the  Input  sinusoid  and  are 
strongly  dependent  on  signal  amplitude.  Thus  measurement  of  the 
frequency  response  using  white  noise  Input  and  a  spectrum 
analyzer  should  yield  more  valid  Information  about  the  response, 
and  can  be  expected  to  give  a  smoother  response  curve  above  the 
cutoff  frequency  than  that  shown. 


POTENTIAL  APPLICATIONS 

20.  While  the  present  form  of  DIFAIR  provides  a  very  flexible 
piece  of  laboratory  apparatus  for  simulating  desired  filter 
functions  and  for  matched  filtering  experiments.  Its  capabilities 
can  be  extended  considerably  by  allowing  the  impulse  response  to 
be  computed  from  the  output  of  the  filter  Itself.  For  Instance, 
this  allows  the  filter  to  form  and  refine  Its  estimate  of  the 
desired  signal  in  certain  types  of  matched  filtering  operations, 
so  that  good  estimates  of  the  signal  made  during  times  of  large 
signal  to  noise  ratio  can  help  to  optimize  the  system  and  improve 
performance  during  low  slgnal-to-noise  ratio  periods.  It  Is 
also  felt  that  an  adaptive  form  of  DIFAIR  can  be  built  which 
would  automatically  compensate  for  non-white  background  noise 
in  matched  filtering  problems,  and  maintain  an  optimum  system 
in  spite  of  variations  In  the  background  noise  spectrum.  Other 
applications  or  extensions  of  the  DIFAIR  system  should  present 
themselves  through  use  of  the  system. 
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FIG. I  DELAY  LINE  REALIZATION  OF  CONVOLUTION  EQUATION 


FIG. 2  SYSTEM  USING  SHIFT  REGISTER  DELAYS 


FIG. 3  SYSTEM  USING  TIME  COMPRESSION 
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TABLE  I 


SAMPLING  FREQUENCY  AND  IMPULSE  RESPONSE 
DURATION  VERSUS  FREQUENCY  SELECTOR 
SWITCH  SETTINGS 
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FINE 
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A 

B 

C 
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3.05  SEC 

384  MS 

60.4  MS 

7.84  MS 
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266  MS 

763  CPS 

42.0  MS 

5.88  KC 

5.45  MS 
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2.51  CPS 

20.9  CPS 
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1.05  KC 

8.00  KC 
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1. 53  SEC 
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30.3  MS 
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1.08  SEC 
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21.6  MS 
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44.0  CPS 

725  MS 

348  CPS 

92  MS 

2.19  KC 

14.6  MS 

1 5.8  KC 

2.02  MS 
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65.4  CPS 
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512  CPS 

62.5  MS 

3.18  KC 

10.0  MS 
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I.40MS 
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MULTIPLIER  OUTPUT  FUNCTIONS 

INPUT  I  =  BCD  INPUT  2  =  NPQ  OUTPUT=XYZ 

X  =  BN  (PQ  +  DQ  +  DP  +  CQ  +  CP  +  CD) 

Y  =  BCDN (P  +  Q)  +  BNPQ  (C+D)  +  BNP 
(C  +  Q)+  BCN  (D  +  P)  +CP(BD+NQ) 

Z  *  CDNPQ  +  BCDNP  +  BCDPQ  +  BCNPQ  + 
BCDN  +  BCNP  +  BNPQ  +  DNPQ  +  BCDQ  + 
BDNPQ  +  BCDNQ  +CNPQ  +  BCDP 


NOLTR  62-171 


DISTRIBUTION 

Copies 

Chief,  Bureau  of  Naval  Weapons  (RUSD-4) 

Washington  25,  D.  C. 

Chief,  Bureau  of  Naval  Weapons  (R-14) 

Washington  25,  D.  C. 

Chief,  Bureau  of  Naval  Weapons  (R-12) 

Washington  25,  D.  C. 

Chief,  Bureau  of  Naval  Weapons  (RU-2) 

Washington  25,  D.  C. 

Chief,  Bureau  of  Naval  Weapons  (RUDC-l) 

Washington  25,  D.  C. 

Chief,  Bureau  of  Naval  Weapons  (DLI-3)  4 

Washington  25,  D.  C, 

Chief,  Office  of  Naval  Research  (Code  4ll) 

Washington  25,  D.  C, 

Chief,  Office  of  Naval  Research  (Code  466) 

Washington  25,  D.  C, 

Chief  of  Naval  Operations  (Op  3H) 

Washington  25,  D.  C, 

Chief  of  Naval  Operations  (Op  312) 

Washington  25,  D.  C. 

Chief  of  Naval  Operations  (Op  93R) 

Washington  25 ,  D.  C . 

Commander 

U.  S,  Naval  Ordnance  Test  Station 
3202  East  Foothill  Boulevard 
Pasadena,  California 

Commanding  Officer 

U.  S.  Naval  Underwater  Ordnance  Station 
Newport,  Rhode  Island 

Commanding  Officer  and  Director 
U.  S.  Navy  Electronics  Laboratory 
San  Diego  52,  California 


jipppp 


NOLTR  62-171 


DISTRIBUTION 


Copies 

Commanding  Officer  and  Director 

U.  S.  Navy  Underwater  Sound  Laboratory 

Port  Trumbull 

New  London,  Connecticut 

Commanding  Officer  and  Director 
David  Taylor  Model  Baaln 
Washington  7,  D.  C. 

Commander 

U.  S.  Naval  Ordnance  Test  Station 
China  Lake,  California 

Commanding  Officer  and  Director 
Naval  Research  Laboratory  (Code  2021) 

Washington  25,  D.  C. 

Commanding  Officer  and  Director 
Naval  Research  Laboratory  (Code  4000) 

Washington  25,  D.  C. 

Director 

Woods  Hole  Oceanographic  Institution 
Woods  Hole,  Massachusetts 

Director 

Applied  Physics  Laboratory 
Johns  Hopkins  University 
8621  Georgia  Avenue 
Sliver  Spring,  Maryland 

Director 

Ordnance  Research  Laboratory 
Pennsylvania  State  College 
University  Park,  Pennsylvania 

Director 

Scripps  Institution  of  Oceanography 
University  of  California 
La  Jolla,  California 

Director 

Applied  Physics  Laboratory 
University  of  Washington 
Seattle  5,  Washington 


NOLTR  62-171 


DISTRIBUTION 

Copies 

Director 

Hudson  Laboratory 
Columbia  University 
Dobbs  Perry,  New  York 

Director 

Narine  Physical  Laboratory 
San  Diego,  California 

National  Research  Council 
Committee  on  Undersea  Warfare 
Executive  Secretary 
2010  Constitution  Avenue,  N.  W, 

Washington  25 »  D.  C. 

Armed  Services  Technical  Information  Agency  10 

Arlington  Hall  Station 
Arlington  12,  Virginia 


PRNC-NOL-5070/2S  (5-42) 


Filters,  ■  Naval  Ordnance  Laboratory.  White  Oak,  Md.  I  1,  Filters 


n 

rH 

*  *  o 

BTj  MH  /I  -P 

U  ©  u  a  o 

■po-PtIH  o  fe; 

H  -P  H  'QOP  >>  O 
■Hcfl  mH  »H  »H 


A  • 

“  « 
»  2  M 

0  H  S 

— "H  H 
CO 

geCO 

— - o 

H  <1 

h-  H  H 

ta  .. 

iMH^O 

"0«  &sq 

+>MM| 

d  a  ^  q 

O  PQ  X  O 

0.3  cm  o 

S  w  .5# 

Ofi 
d  q  xco 

jl  5  “  •* 

Ora  w 

©  «»rH  a 
*82* 
O  S  -H  ^ 


1  ©  ,  P 

ra  w  n  ©  I  © 

Cfl  *H  rH  ©  «  ©  «  % 

^QO  b  P  O  ft-P  >* 
,cj  cf  ©  Qit-i  to  rt  ©  H 
O  *H  P  B  I  -H  fH  4*  r 
2  t>  O  *H  ©  -H 

mrtcfl  'ob  a)  p 

A  U  ©  -rl  O  B  O 

«*  d  /q  4f  .d  -H  d  *h 

cn  w^p  d  p  O  P  r 
U  O  ©  <H  d  ft  O 
O  ©  Vl  »  OH  B 
•H  p  ©  O  ©  O©© 

PH  b  U  to  ^  U  A 
d  »H  ©  g  ft  d  B  H 
u  *H  A  a  BOV 

©  Eh  H  #  ®  o  b 

ft  hi  ©  A  fl  rj  • 

O  O  P  EH  ©PM 

•ofl^  «•  a  jo  $  |.3 

d  r-t  o  *H  •  f-i  O 

HH-H  U  to  <H  P 

oo  d  -P'S  ©  k  Ot3*H 

BO00©P©  ©  fc 

©  -HdHP  d  d  W 
o  wh  Vh  H  rH  O  «H 

O  tao  ©  *H  *H  *H  n 

^  d  P  o  *H  P  ©  O 
ft-«H  o  «  ©  <fl  aq  p 
b  a!  fXA  A  P  O 

rH©C«pqd©© 
as  P  eft  d  ft.B  rH 

drH,d©«HOO0P© 
€bnH  0/3  0  O  M 

•H  «H  WO© 

n  o  >»  ©  ©  O  © 
'd-rl  gj  mpH  d/1 
>>®‘H0ddcdoP 

d  /q  P  O  rH  P 

asoomf^aPP0 
*2P  ©  o  raq'aOcflP 
a  ©  P  p  d  d 
0  n  p  d  m  »d  bbp 


^  • 

to  « 

•  3  h 

^-•P  H 
W 

B#co 

^  rH  O 


•CM  H  p  O 
Xto  o  o.w> 
d  «  H 
o  p  w  co  I 

p  o  a  s 

d  o  m  x  o 
d  p.3  cm  o 
o  ®  h  o 
q  d  to  »ht 
d  p  h  I 
JHftOO 
d  q  Xco 

S.3q£g 
5  .2  5  ■>  a4 

do  dm 
>C»  ©  *rH  ri 

q  3  o  • 

rH  O  I*.  -H  t-. 
d  a  H  !z;  ’M 
r»- — -o  t< 

d 

a  o  tj 


d  .HrHOVium  »  d 

■M  r.  P  O  P».-P  o 
q  0  ®  Q.q  m  a  m  L  q 

OhH+»0  r>  I  HHHtri 
pi  t>  OtI  0  4^  H  ft 
m  d  d  TS^bfldpJo. 

,0  u  ®  qouod  • 
•>  Sq+>qqo(H  "p 
mm^+»o  +>oqq® 
doo  o'HdP.odq 
o  (D  «H  m  o  q  m  0*H 

H  -H  «  O  O  O  ®  ®  V  d 

+>qm  I.  B  (>  1.4  ►  O 
d  >H  ®  m  P.  d  d  Eh  #« 
1.^4  B  do®  m® 

®  Eh  f.  ®  O  o  tn  t) 

0,0  ®  A  B  H  .tg 

oo  -OEH  ®pmd® 

Hh  .  >.4l  Q.  ®  d  d 

■oo  md  q-PBq  d 

dqonH  .  -HO® 

•HrH-H  drntH  +>  O  +H 

»  JH>H)  «  ll  Ot)HH  !t 

m  o  m  ®  -P  «  ®^+»® 

®  HHHfd(.m»| 
O  %  d  <H  -H  H  O  hH  H  P. 
O!o0®hH<HhHhH  m  d  dn-j 

d  d  V  o  <H+»®ood 
0,hH  o  m  ®  d'd-o+’o* 

d  d  0.41  41  -P  o  o  ® 
rH®dm+>od®®d 
d  P  d  d  0.41  H  d  « 

drH4l®'Hmap®d4J 
fiOnH  o  q  o  o  m  A  p 
hH  <m  mo®  o 

m  o>%®®  O®  Vi 
^JhH  d  mpq  dqq  o 

>s®n  a  d  d  d  oPrH 

C4-H  OrHP  dm 

dOO®P.giHrHOdd 
2P®om0'oOdP®o 

d  o.hH  ®  hH  hH  d  d  E*  p 
0  m  P  d  a  K  ShH  o  p 


i  »  o 

t)  «H  41  P 

«  d  d  *>o  o 

4  «P  ■  d-H  « 

OPHri  pa’’ 
p  1—1  MOP  S  o 


•  H 
•  «H  H 

<M  H  H  M 


>> 

4>  • 

m  q 
•OH 

.  pse 

^  ^*P  H 

a  P4  .a 

•»  a  ft*d 
^  hoh 

<fl  dl  H  n 
° 

©  (Vi 
pr-^q  vp 
•H  H  <d  W 
A  NHH 

ST0  .• 

•CM  H  P  O 

^>to  q  g.|q 

o  p  h  to  I 
pda  6 

d  OfflNO 
d  0,3  CVJ  o 
O  ®  EH  U 

■°  ^  s?  ,*¥ 

^  h  ^  o  q 
d  q  >hco 

jig 

d  2  5  rn  J4 
d  o  d  « 

©  ^rH  © 
rH  O  H  q  d* 

daHSCW 
— 'O  d 

d  *q 

a  r»  td 


I  «  t4  ,  p 

m  mm  ®  I  V  I 

d  Pi-hoob®  «d 
d  0  o  O.P  Xo 

q  d  ®  q,tH  m  d  m  L  iH 
oqpa>-iqqpH 
p  Mh  >4  H  ft 
mdd  q^dOPO. 
qd®  qompd  . 
•  dqpqqdd  ,q 
mmqpd  POPH® 
ddo  ®<ddo,odq 

O®  tHBOrHm  d  *H 
■H  P  ®  O  ®  O  ®  ®  ®  d 

pqm  d  m  Jr  d  q  E>  o 

d  q  ®  m  o.  d  d  eh  e  m 

dViqa  do®  m® 

®  Eh  d  ®  <S  o  m  n3 

o,  d  ®  q  a  h  .q 

oo  PEH  odmd® 


<h  •  xq  o.  ®  d  d 
mo  md  qpaq  d 
dnoq  .  qom 

qqq  d  m  <H  POP 
mdpqodoqqqd 
mom®P®  ®  fc  P  ® 
®  qqqpddmma 
o  •dHqqoq  qo. 
OMO®q<nqq  m  d  d*H 
ddPo  <hp®o®P 
o,q  o®®  d  q  p  p  o* 
d  d  o,q  q  p  o  o  ® 
q®dmpod®od 

d  p  d  3  o.q  q  d  ® 

dqqB'HmBPodq 
Mijq  o  q  o  o  m  q  p 
q  <h  mo®  o 

m  oX®o  OB  H 
qq  d  mpq  d4H  o 
XU'H  9  fl  <«  d  O  P  rH 
dqq  o  i -)  p  dm 
doomo,dqHodd 
■jspBomHMOdPoo 
d  o.q  ®  q  q  d  d  H 
a  m  p  d  m  q  Moq  o  p 


•  •  o 

m  q  m  q  q  P 

d  ®  d  d  •  o  o 
®q®p®dq« 
popqq  ofen 
q  P  q  MOP  X  o 


•  H 
.  -H  H 

CM  q  H  H 


X 

•°  • 
m  q 
•3  H 

.  pale 

2  H 


a  *W 

n  os 

CO 

ft-d 

A 

u 

% 

H  o 

M  CO 

ti  ^ 

o 

O  © 

4»- — MD 
•H  H  <}  W 
XirsE^rH 

.. 

•CM  H  p  O 

£"°PS^ 

O  P  H  co  I 


n  w 

O  ©W  o 
»°  *T 

^qg  oo 
d  q  xco 

sl^s-s 


P  q  m 
d  q  ® 
d  nq 
®  H 

o  o 


®  q  o  m  o  d  • 
qpqq  fld_,q 
p  d  p  o  q  q  © 
o  <d  3  O,  o  d  q 
*M  m  o  q  m  0  q 
o  ®  o  o  ®  o  d 
d  m  t>  d  ,  •  (J 

m  o.  d  H  h  ®  * 
d  d  o  ©  mo 
d  ©  0  o  m  q 
®  q  3  H  «q 

PH  O  3  m  d  O 


U  U  T-e-l  W  r  “  M  »■ 

<H  •  Xq  •  Odd 
MO  m  d  4?  |4  d 
dqoq  •  qom 
qqq  d  md  pop 
mdpqodoqqqd 
momopoofcp© 

©  qqqp  d  d  to  o  S 
o  •  d  v,  q  q  o  q  qo, 
oMooqvnqq  m  d  d q 
ddPo  "HPoood 
o.q  o®«  d  q  P  P  o’ 
d  d  o,q  q  p  o  o  o 
qodmpodood 
d  p  d  3  o,q  q  d  ® 
d  q  qoHmffpodq 
Siq  o  q  O  o  m  q  p 
q  «m  moo  o 

m  o  X  ©  ©  oo  H 
qq  d  mpq  dqq  o 
Xo<d  8  d  d  d  o  P  q 
dqq  o  q  P  dm 
Soom0.3qqcdd 

SPOomSMOdPOO 

d  o,q  ©  q  q  d  d  E>  q 

8  m  p  d  m  q  MOq  o  p 


!z 


»t3  «H  Cj  W  4 

”  S  ' 

dqq  or 
S  o  o  m  O. : 
2  P  ©  o  m  E 


